This paper describes packet loss concealment methods for MP3 audio. The proposed methods are based on estimation of modified discrete cosine transform (MDCT) coefficients of the lost packets. The estimation of MDCT coefficients of lower dimensions is performed by switching two concealment methods: the sign correction method and the correlation-based method. The concealment methods are switched based on redundant side information calculated subband-by-subband for reducing MDCT prediction errors. Next, a method for improving estimation of MDCT coefficients of higher dimensions was proposed. The method estimates the absolute value and sign of an MDCT coefficient independently. The subjective evaluation experiment proved that both of the improvement methods for lower and higher dimensions effectively improved the subjective audio quality.
Introduction
Recently many Web services have provided audio and video streaming services over the Internet. While most of them employ the transmission control protocol (TCP) [1] that is a unicast protocol based on connection, a connectionless protocol such as the real-time transport protocol (RTP) [2] is beneficial because of its suitability to realtime application and broadcasting. On using the RTP as a transport protocol, we have to solve a problem of packet losses. When transmitting the audio packets over the Internet, several packets in the audio stream may be lost. This causes a deterioration in the quality of the decoded sound if the lost packets are not properly recovered.
Many techniques for recovery from packet losses have been proposed so far [3, 4] . Considering audio streaming, only simple recovery methods based on packet repetition is employed for commercial audio streaming service for speech signal such as VoIP [5] . However, this is insufficient for applying to high quality audio streaming such as MP3 [6] .
As a previous work, we proposed packet loss concealment (PLC) techniques for MP3-coded audio signal [7] . In this work, we proposed PLC methods that used signs of modified discrete cosine transform (MDCT) coefficients as side information. In addition to the side information, correlation of MDCT coefficient was also exploited. The sign information and correlation provided good estimation of the lost signal [8] . As a result, we could improve signal-tonoise ratio (SNR) of the decoded signal using the PLC methods.
In this paper, we first conduct a subjective evaluation of the previously proposed PLC methods, and point out that results of the objective and subjective tests are inconsistent. Next, we investigate the reason of the inconsistency, and propose a method for further improvement of subjective audio quality. Finally, we propose a method to improve quality of high frequency part of the signal where no side information is given. Combining the proposed methods, we prove the effectiveness of the methods through subjective evaluation experiment.
Packet Loss Concealment of MP3-Coded Audio Signal Using Side Information

Overview of MP3 codec
The target codec of this paper is the one based on the MDCT [9] , such as MP3. In the MP3 codec, the input signal to the encoder is analyzed into 32 subbands using a polyphase filter bank, and each signal in the subband is further analyzed by the MDCT into 18 coefficients. Finally, 576 coefficients are generated for each frame (granule). These coefficients are quantized using a nonlinear scalar quantizer according to the result of the psychoacoustic analysis. The quantized signals are encoded using a Huffman coder into a bitstream. Finally, two granules are packed into one IP packet.
When analyzing a signal in a subband, most encoders select an analysis window among four kinds of windows frame-by-frame for reducing the ''pre-echo'' noise. However, in this paper we assume that the window size of the MDCT is constant (the ''long'' window). It is essentially difficult to treat MDCT frame sequences where different window types are used for different frames.
Overview of the PLC for MP3
In this section, we briefly describe the PLC method proposed in [7] . When using codecs for VoIP, the simplest PLC method is the packet repetition [5] . However, the packet repetition method does not work well for MDCT-based codec because of the time-domain aliasing [10] . Although a method was proposed that estimates and cancels the time-domain aliasing [11] , this method is difficult to apply to the real-time streaming application because it needs iterative estimation of the restored signal. Therefore, we proposed a PLC method with side information that can compensate the timedomain aliasing while enabling the real-time restoration of the lost signal.
Let i-th MDCT coefficients in t-th frame be M i ðtÞ. The t-th frame MðtÞ is defined as 
In the previous work [7] , K was set to 50 that gave sufficient audio quality. Then we transmit MDCT coefficients of a certain frame combined with sign information of the different frame. As one MP3 packet of a channel contains two frames, the k-th packet PðkÞ is composed as PðkÞ ¼ ðMð2k À 1Þ; Sð2k À 2Þ; Mð2kÞ; Sð2k þ 1ÞÞ: ð5Þ
When k-th packet is lost, the sign information of frames in the k-th packet can be obtained from ðk À 1Þ-th and ðk þ 1Þ-th packets. Then we estimate the MDCT coefficients of t-th frame as follows.
where
In addition, the interleaving technique can be used for increasing robustness against burst packet losses. Estimation of the lost MDCT coefficients is performed using the function f ðs; mÞ. We examined three methods below, based on the design method of side information for multiple description coding [8] :
(1) Sign correction method In the sign correction method, the following f 0 is used:
(2) 1-bit quantization method Next method is the 1-bit quantization method, where the lost values of the coefficients are estimated using the fixed value:
Here, 2 i is variance of M i ðtÞ, which is calculated from the previous frames.
The other method is the correlation-based estimation method, where the following f 2 is used:
where i1 is correlation coefficient between jM i ðtÞj and jM i ðt À 1Þj, and i2 is that between M i ðtÞ and S i ðtÞ.
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Objective and subjective evaluation of the conventional methods
Although the correlation-based method showed better SNR, it does not necessarily mean that subjective quality of the signal restored by the correlation-based method is better than that by the sign correction method. To investigate the relationship between objective and subjective quality, we carried out an evaluation experiment. The experimental conditions are shown in Table 1. SNR was used as an index of objective evaluation, and 5-grade DMOS (degradation mean opinion score) [13] was used as that of subjective evaluation. The result of the objective evaluation is shown in Fig. 1 . The X-axis of Fig. 1 is the number of previous frames from which the variance and the correlation coefficients in Eqs. (9), (10) , and (11) are calculated. The ''1-bit Q.'' and ''1-bit W.'' denote the 1-bit quantization method and the correlation-based method, respectively. As we predicted [8] , the correlation-based method gave higher SNR than the sign correction method. Figure 2 shows the result of the subjective evaluation. As this result depicts, the correlation-based method improved the objective evaluation, but the subjective evaluation was not improved. We then investigated the cause of this inconsistency. To this end, we focused on degradation that occur locally in time-frequency domain. To analyze the degradation, we calculated SNR subband by subband. One subband in this analysis consists of five dimensions of the MDCT coefficients. Examples of subband SNR are shown in Fig. 3 . As these examples show, the correlation-based method gives better SNR for most of subbands when the degradation is not severe, especially lower subbands that have larger power. However, when severe degradation occurs, subbands with very low SNR are observed in the correlation-based method, which seems to be a cause of degradation of subjective audio quality. These local degradations of SNR happen at which the subband power change rapidly, which causes large error of estimated values of correlation coefficients and variance of MDCT coefficients.
Improvement of MDCT Estimation Using Concealment Method Switching
As revealed in the previous experiment, the correlation-based method gives better SNR for most of subbands and frames, but the SNR occasionally takes very low value at several subbands and frames. Therefore, the basic idea of improving the correlation-based method is to avoid using the correlation-based method when estimation error of an MDCT coefficient is large. This idea can be achieved by examining estimation errors by the two estimation methods (sign correction and correlation-based method) at the encoder side and sending information of better method as another side information. Here, we excluded the 1-bit quantization method because of the low quality for both objective and subjective evaluations.
This improvement can be realized as follows. First, we consider sending the side information for switching estimation method for every 5 dimensions of the MDCT coefficients when sending packets. Assuming K be a multiple of 5, we calculate errors of the j-th subband " 
where x is either 0 or 2 where f 0 or f 2 is used as an estimation method, respectively. Then the information for method switching is calculated as follows: 
When t-th packet is lost, the MDCT coefficient is estimated as follows:
where Fig. 3 . Examples of subband SNR for frames with little and severe degradation.
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Note that this method needs another side information QðtÞ, which means we need to use smaller K for using same amount of side information as the conventional methods.
Estimating Higher MDCT Coefficients without Side Information
The method described in the previous section is to improve estimation of MDCT coefficients using side information. However, as shown in Eqs. (6) and (16), the MDCT coefficients higher than the K-th dimension are estimated by just using the coefficients of the neighboring frames. Therefore, if we can improve estimation of these coefficients, we achieve further improvement of recovered audio quality.
Two ideas are introduced to achieve this: one is to improve estimation of absolute value of MDCT coefficients, and the other one is to improve sign estimation of MDCT coefficients.
In the previous method, when the k-th packet that includes frames Mð2k À 1Þ and Mð2kÞ is lost, the absolute values of these frames for i > K are estimated asÃ
Here, we propose a method to estimate the absolute value using a linear interpolation:
Next, we propose an estimation of sign of an MDCT coefficient. In the previous method, signs of MDCT coefficients (i > K) are estimated asS
Instead of just using signs of the previous or next frame, we propose a method of estimating signs based on bigram probability, as follows.S S i ðtÞ ¼ arg max
where Pðsjt; iÞ is a conditional probability of s where the previous N frames are observed. This probability can be estimated as:
In the experiment of the next section, the previous 50 frames were used (N ¼ 50) according to the result of a preliminary experiment. The actural calculation ofS S i ðtÞ is performed in simpler way, as follows.
Here, T i ðtÞ become positive when two temporally contiguous coefficients tend to have the same signs, and negative when two coefficients tend to have the different signs. Therefore, sign½T i ðtÞ can be used for estimating whether the sign of the previous frame and the current frame is same or different. Finally, the MDCT coefficients are estimated asM
5. Experiment
Experimental conditions
We conducted subjective evaluation of the conventional and proposed methods. The sign correction method and the Robust Transmission of Audio Signals over the Internetswitching method were examined as the estimation method of MDCT coefficients of lower dimensions. For the higher dimensions, we compared conventional method (denoted as Copy) and the proposed method that estimates absolute values and signs independently (denoted as Interp and sign est.). 50 bit/frame were used as the side information of the conventional method (K ¼ 50), and 48 bit/frame were used for the proposed method (K ¼ 40, 40 bits for signs and additional 8 bits for method switching). We employed 9 male subjects for evaluation, and the packet loss condition was limited to 20% random loss. The other conditions were same as shown in Table 1 .
The evaluation was conducted based on the XAB test [13] . The subjective difference grades (SDG) were calculated as scores of the test signals, which varies from À4 to 0, 0 to be the best (degradation is imperceptible). Figure 4 shows the experimental result. This result showed that both improvement of lower dimensions (the concealment method switching) and that of higher dimensions (linear interpolation of absolute values and sign estimation) were effective for improving the subjective audio quality. From result of one-way layout ANOVA, statistically significant differences were found between concealment methods. Then we conducted multiple comparison test with Bonferroni correction, and significant differences were found between every two concealment methods, as shown in Fig. 4 . In this figure, ''p < 0:05'' means that the two results are significantly different at 5% level, and ''p < 0:01'' shows that at 1% level.
Experimental results
As a result, we obtained SDG score of À1:78, which was 1.3 point higher than the conventional method. Moreover, absolute quality of the proposed method (À1:78) was reasonably high (better than ''slightly annoying'') considering that the packet loss rate was severe (20%).
Conclusion
We proposed methods for improving subjective audio quality. First, we conducted subjective evaluation for conventional PLC methods and investigated the cause of quality degradation using the correlation-based method. Next, we proposed a method that switches the sign correction method and the correlation-based method based on subband-bysubband errors. Furthermore, an improvement method of MDCT coefficients of higher dimensions was proposed. The subjective evaluation experiment proved that both of the improvement methods for lower and higher dimensions were effective.
